Impulse-like characteristics of excitation occur at the glottal closure instant (GCI) due to sharp closure of the vibrating vocal folds in each glottal cycle. The GCIs are detected from the excitation component of the speech signal, and the excitation component is derived using inverse filtering or its variants. In this paper we propose a method for GCI detection based on single frequency filtering (SFF) of the speech signal. The SFF output has high signal-to-noise ratio (SNR) property in speech regions. The variance (across frequency) contour computed from the SFF output show rapid changes around the GCIs, and these rapid changes can be observed even when the speech signal is degraded. Thus the GCI locations can be extracted even from degraded speech using the SFF analysis. The robustness of the method is demonstrated for several cases of degradation of speech signal.
Introduction
The glottal closure instant (GCI) is the instant of significant excitation of the vocal tract, and it occurs due to rapid closure of the vocal folds in each glottal cycle. The GCI is followed by glottal closure region in a glottal cycle, which is useful to estimate the characteristics of the supraglottal vocal tract system. Knowledge of the GCI is also useful for prosody manipulation in voice conversion [1] and also in text-to-speech generation [2] . The signal around the GCI corresponds to high signal-tonoise (SNR) region within a glottal cycle, and hence features extracted around the GCIs are more robust [3] . Thus determination of GCIs from speech signals, especially when the speech is degraded is useful in several applications [4] .
Several attempts have been made for extracting GCIs from speech signals [5, 4] . Among them the peaks in the error signal of linear prediction (LP) analysis have been exploited in many studies [1, 6] . Methods have been developed based on group delay functions for estimating the GCIs [7, 8, 9] . The Yet another GCI/GOI algorithm (YAGA) estimated the GCIs using the phase slope function, followed by dynamic programmimg [8] . Lines of maximum amplitude (LoMA) method uses local maximum derived from wavelet transform across multiple scales, followed by dynamic programming [10] . The multi-scale mechanism (MSM) approach relies on precise estimation of local parameters, called singularity exponent (SE) [11] . The samples with lowest SE values correspond to the GCIs. Zero frequency filtering (ZFF) is another approach proposed for GCI detection [12] . Most of these methods have also been studied for varying levels and types of degradations in the speech signals.
In this paper we propose a method of GCI detection in degraded speech based on recently proposed single frequency filtering (SFF) method [13] . The SFF output signal at each frequency will have several high SNR regions due to coherence of speech samples in a sequence and lack of coherence of noise samples. The presence of high SNR regions in the SFF outputs was exploited for speech and nonspeech detection, after suitably compensating for the noise in the degraded speech signal [13] . The SFF method was also used for extracting GCIs [14] , locating burst onsets [15] and fundamental frequency extraction [16, 17] . The significance of the phase of SFF output of speech is also examined recently in [18] . In this paper the noise compensated SFF outputs are exploited for GCI detection in degraded conditions. The paper is organized as follows. Section 2 gives an outline of the SFF method and the procedure for obtaining noisecompensated SFF outputs. Section 3 discusses the proposed method for GCI detection, which uses ZFF analysis for initial estimation. Section 4 describes the database for evaluation, and methods and evaluation for comparison. Section 5 discusses the results of evaluation. Section 6 gives a summary of the paper.
Single frequency filtering analysis of speech
The differenced speech signal (
) is multiplied by the complex sinusoid e jω k n , and the resulting frequency shifted signal x k [n] = x[n]e jω k n is filtered through a single pole resonator, whose transfer function is given by [13] 
where r ≈ 1 , i.e., the root is close to the unit circle on the negative real axis in the z-plane. The output of the filter is given by
The value of r is chosen as 0.995 in this study.
, and f k is the desired frequency and fs is the sampling frequency. The envelope of the k th sinusoidal component of the signal is given by
where
The envelope e k [n] is obtained at frequencies f k , k = 1, 2, ..., K, where f k = k∆f , and ∆f is the frequency spacing. For ∆f = 10 Hz, the number of frequencies (K) in the interval 0-4 kHz is 400. Thus we get 400 envelopes of the SFF outputs. As indicated in [13] , the SNR of speech signal is higher in particular frequency regions and in particular time segments. For degraded speech signal, the noise power is estimated for The normalized weight values (w k ), for noise compensation of the envelopes are given by [13] 
where K is the number of frequencies. The noise compensated envelopes (ê k [n]) are obtained by multiplying the envelopes e k [n] with the corresponding weights w k . That iŝ
The 20% lowest values of e k [n] are chosen under the assumption that speech utterance has at least 20% of silence. Figs. 1(c) and 1(d) show the 3-D plots of SFF envelopes and weighted SFF envelopes for clean speech signal ( Fig. 1(a) ) and for the signal corrupted by white noise at SNR = 0 dB ( Fig. 1(b) ), respectively. Note that the speech regions are emphasized in the noise compensated weighted envelopesê k [n] ( Fig. 1(d) ).
Detection of glottal closure instants
The noise compensated envelopesê k [n] are normalized across frequency. The normalized envelopesē k [n] are given bȳ
The variance (σ 2 [n]) of the normalized envelopes is computed as follows:
, as the envelopes are normalized across frequency.
The variance contour decreases rapidly to a minimum value around GCI [14] . Thus the slope of the variance contour is least at GCI. GCIs are detected by locating the instant of the lowest slope value of the variance contour in each glottal cycle. The slope value of the variance contour at each time instant is obtained by computing the slope of the neighboring three values. Initially, an approximate location of the GCI is obtained using the zero frequency filtering (ZFF) method [12] . If the minimum of the slope is within 2 msec of the initial estimate of GCI within a glottal cycle, then the location of the minimum slope is used as GCI, otherwise the initial estimate itself is used as GCI. This is referred as proposed method (PM) in the paper. Fig. 2(a) shows the differenced electroglottograph (dEGG) signal as reference (ground truth) for locating GCIs. Notice that the variance (σ 2 [n]) shows discontinuities in regions around the GCIs (Fig. 2(c) ). The values of the slope have minimum values corresponding to the locations of GCIs (Fig. 2(d) ). The effectiveness of noise compensation for GCI detection for various types of degradations is illustrated in Fig. 3 . In this figure, the slope values derived from the noise compensated envelopes (ê k [n]) for five different types of degradations at 10 dB SNR are shown along with the dEGG signal as ground truth for GCI locations. Fig. 3(a) shows the dEGG signal, Figs. 3(b) to 3(f) show the slope contours derived from the variance contours for following five degradations: white, babble, machinegun, f16, and hfchannel, respectively. From Figs. 3(b) to 3(f) , it is evident that slope contours derived from noise compensated envelopes provide good evidence of locations of GCIs. 
Methods used for comparison
The following two methods are used for comparison:
• MSM method: In this, the subset of samples with lowest singularity exponent values are used to detect the GCIs. It relies on the precise estimation of multiscale parameter (singularity exponent) at each instant in the signal domain [11] .
• YAGA method: In this, the information of the voice source signal (which is obtained from iterative adaptive inverse filtering (IAIF)) and stationary wavelet transform across different wavelet scales are used. The discontinuities are detected using group delay function, and the GCI candidates are measured as negative going zero crossings. The falsely detected GCIs are then removed using the M-best dynamic programming approach [8] . 
Evaluation measures
The following measures are used for evaluation of GCI detection methods [9] .
• Identification rate1 (IDR1) : The percentage of glottal cycles for which exactly one GCI is detected.
• Miss rate (MR): The percentage of glottal cycles for which no GCI is detected.
• False alarm rate (FAR): The percentage of glottal cycles for which more than one GCI is detected.
• Identification rate2 (IDR2): Identification rate1 (IDR1) within the range of -0.25 to 0.25 msec. For better performance, IDR1 and IDR2 values should be high with low MR and FAR. The IDR2 measure indicates the percentage of correctly identified GCIs which are closer to the reference GCIs.
Results
The proposed method (PM) has been evaluated without and with noise compensation, indicated by PM (UW), PM (W), respectively. Table 1 shows the results obtained by the proposed methods in comparison with other methods across different types of noises at SNR levels of 0 dB and 10 dB. From the results, it can be observed that the proposed methods give comparable or better performance compared to other methods in most cases. Among the proposed methods, the noise compensation based method PM(W) has significantly increased the IDR2 value in comparison with the IDR2 value of PM(UW), while both the methods give similar IDR1 values. This is because noise compensation highlights the discontinuities due to impulse-like excitation at GCIs by reducing the spurious noise peaks. It can also be observed that the proposed methods gave good performance for different stationary and nonstationary noises in comparison with MSM and YAGA methods.
Summary
In this study, a method for detection of glottal closure instants (GCIs) in degraded speech conditions was proposed using single frequency filtering (SFF) method. The impulse-like discontinuities of the GCIs were exploited using the slope of the variance computed from SFF envelopes. Performance of the proposed method was compared with existing methods, and it was found that the performance is comparable or better for several cases of degradation. The performance of the proposed method improved significantly with the incorporation of noise compensation.
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